Abstract-For the state-of-the-art speech enhancement (SE) techniques, a spectrogram is usually preferred than the respective time-domain raw data, since it reveals more compact presentation together with conspicuous temporal information over a long time span. However, two problems can cause distortions in the conventional nonnegative matrix factorization (NMF)-based SE algorithms. One is related to the overlap-and-add operation used in the short-time Fourier transform (STFT)-based signal reconstruction, and the other is concerned with directly using the phase of the noisy speech as that of the enhanced speech in signal reconstruction. These two problems can cause information loss or discontinuity when comparing the clean signal with the reconstructed signal. To solve these two problems, we propose a novel SE method that adopts discrete wavelet packet transform (DWPT) and NMF. 
I. INTRODUCTION

S
PEECH enhancement (SE) techniques are developed and employed to increase quality and intelligibility of speech signals [1] . Two stages are included in most conventional spectrum-wise SE framework [2] explicitly or implicitly, viz. noise tracking and signal gain estimation. In the noise-tracking stage, the power of background noise is estimated [3] , [4] . In the Manuscript received February 02, 2016; revised April 15, 2016 ; accepted May 06, 2016. Date of publication May 23, 2016 ; date of current version July 13, 2016. The associate editor coordinating the review of this manuscript and approving it for publication was Prof. Woon-Seng Gan.
S.-S. Wang and B. Su are with the Graduate Institute of Communication Engineering, National Taiwan University, Taipei 10617, Taiwan (e-mail: d02942007@ntu.edu.tw; borching@ntu.edu.tw).
A. Chern, Y. Tsao, and Y.-H. Lai are with the Research Center for Information Technology Innovation, Academia Sinica, Taipei 11529, Taiwan (e-mail: alanchern@hotmail.com; yu.tsao@citi.sinica.edu.tw; jacky0726@gmail.com).
J.-w. Hung is with the Department of Electrical Engineering, National Chi Nan University, Nantou 545, Taiwan (e-mail: jwhung@ncnu.edu.tw).
X. Lu is with the National Institute of Information and Communications Technology, Tokyo 184-0015, Japan (e-mail: xugang.lu@nict.go.jp).
Color versions of one or more of the figures in this letter are available online at http://ieeexplore.ieee.org.
Digital Object Identifier 10.1109/LSP.2016.2571727
signal gain estimation stage, the estimated noise power information is utilized to determine the gain factor on the noisy spectrogram to predict the clean speech component [5] - [9] . Recently, there are a lot of advance progresses for SE, for example, deep neural network [10] , [11] , deep denoising autoencoder [12] - [15] , sparse coding [16] , and nonnegative matrix factorization (NMF) [17] , [18] . Most of these techniques consist of offline and online phases in speech estimation. The offline phase prepares a model to characterize the correlation between speech and noise; this model is then adopted in the online phase to recover the clean signal. In this study, we focus on the NMF-based SE method. The NMF algorithm approximates a data matrix V by a product of another two matrices, the basis matrix W and the encoding matrix H, viz., V ≈ WH, where all of the three matrices contain nonnegative entries only [19] . In NMF-based SE methods, the data matrix V to be processed is usually the magnitude spectrogram of a speech utterance. Given a pretrained and fixed basis spectral matrix W that consists of speech and noise components, the magnitude spectrogram V is factorized via NMF. The approximated result WH for V is further split into speech and noise parts, both of which are used in the signal gain estimation for the SE method. Several well-developed NMF-based SE algorithms have been proposed [20] - [22] . There are two potential limitations in the conventional NMFbased SE system. First, the spectrogram being analyzed in the NMF methods is mostly estimated by the well-known short-time Fourier transform (STFT). STFT brings moderate distortion to the signal primarily due to segmentation and windowing processes. This distortion can be observed when comparing the original clean signal with the reconstructed signal from the inverse STFT with the overlap-and-add (OLA) operation. Second, most NMF-based SE methods restore clean speech spectral magnitude from a noisy speech while adopt the phase of the noisy speech to reconstruct the enhanced speech signal [23] , [24] . Clearly, the noisy phase may cause distortion on the enhanced speech. To overcome these two limitations, this study proposes an NMF-based SE method in the wavelet domain. A discrete wavelet packet transform (DWPT) [25] is first employed to decompose the time-domain signal into various subband signals. Squaring and framing processes are then applied to each subband signal. An NMF-wise noise estimation scheme is further used to estimate noise with respect to each subband for the subsequent signal gain estimation. All subband signals are updated via the individual gain and then passed through the inverse DWPT (IDWPT) to produce the enhanced time-domain signal. We evaluate this DWPT-NMF-based SE method on the MHINT task, and the experimental results confirm that this novel method outperforms the conventional STFT-based SE method and significantly promotes the speech quality and intelligibility. 
II. DISCRETE WAVELET PACKET TRANSFORM
The DWPT/IDWPT are performed by a set of well-defined low/high-pass filters together with a down/upsampling process. They serve as a distortionless analysis/synthesis for an arbitrary signal. The IDWPT integrates the subband signals and reconstructs a full-band time signal. As shown on the right side of Fig. 1 , a factor-2 upsampling operation with the subsequent lowpass/high-pass filters are applied to the four level-2 subband signals to construct two level-1 subband signals, which in turn undergo the same upsampling and filtering to generate a full-bandf . Thus, the IDWPT can be formulated as f = IDWPT J {s}, where s denotes the set of all level-J subband signals {s
. Provided a well-defined filter set (as symbolized by φ,φ, ψ, andψ in Fig. 1 ), the input signal will be identical to the reconstructed signal, namelyf = IDWPT J {s} = f . More details of DWPT/IDWPT can be found in [25] and [26] .
III. STFT-NMF SE SYSTEM
The conventional SE framework based on STFT/ISTFT [26] is illustrated in Fig. 2 . The input time signal f is first converted to its spectrogram F via STFT. The SE system compensates the magnitude part |F| of the spectrogram, while keeping its phase part ∠F unaltered. The spectrogramF consisting of an updated magnitude |F| and the original phase ∠F is converted back to time domain via ISTFT to form the enhanced signal.
From Fig. 2 , the noise estimation block is performed by NMF with offline and online phases. In the offline phase, a noise-free speech spectral basis W S is obtained from the power spectrogram of clean utterances in the training set via NMF. Likewise, the pure noise spectral basis matrix W N is obtained using the speech-free noise in the training set. The concatenated basis matrix [W S W N ] is further applied to the online phase to form the activation matrix [H S H N ] via NMF for an input testing power spectrogram. Finally, the gain applied to the noise-corrupted spectrogram behaves as a Wiener filter [6] . This NMF-based SE method that processes the STFT-derived spectrogram is denoted by "STFT-NMF" in later discussions.
IV. DWPT-NMF SE SYSTEM
This study proposes a novel SE method that adopts NMFwise compensation directly on the time signals, while these time signals are the DWPT subband outputs for the original time signal. The block diagram of this SE method is depicted in Fig. 3(a) . For simplicity, we use "DWPT-NMF" to stand for the proposed method. From Fig. 3(a) , the DWPT is first applied to a noisy signal f to produce a set of subband signals {s
All subband signals are individually enhanced via NMF-wise compensation. Finally, IDWPT is used to these updated subband signals to reconstruct the enhanced signalf .
The SE procedures for each subband signal depicted in Fig. 3(b) are clarified here. The subband signal s J b is first segmented into overlapped frames without further windowing. These frames are arranged in sequence to be columns of a matrix. This matrix is further squared in an element-wise manner to produce a nonnegative matrix S J b for the subsequent processing.
A. NMF-Based Noise Estimation and Gain Estimation
Two phases stated in Section III are adopted here. At the offline phase, the nonnegative matrices S 
where √ · and ./ denote the element-wise square root and division operations, respectively. Finally, the OLA process is applied to G
V. EXPERIMENTS
A. Experimental Setup
Our experiments were conducted on the MHINT database [27] containing 240 clean utterances recorded in a soundbooth with sound pressure level (SPL) of the background noise below 45-dB and pronounced by a Mandarin male. These utterances were downsampled to be 8-kHz data. The averaged length of each utterance was around 3 seconds. Among these 240 utterances, ten utterances were selected as the training data, and another 50 utterances were used to form the testing data. In addition, eight types of noise: subway, exhibition, car, street, restaurant, babble, airport, and train-station, drawn from Aurora-2 database [29] were artificially added to the clean testing utterances to generate the noisy data at six signal-to-noise ratios (SNRs) ranging from 20 to −5 dB with a 5-dB interval. Furthermore, four stationary noises, "subway," "exhibition," "car," and "street," were used to create the noise basis matrices of NMF at the offline phase for noise estimation. Finally, the number of columns of each speech basis matrix (W S and W b S ) was set to 40, while that of each noise basis matrix (W N and W b N ) was set to 160. The applied frame size and shift for STFT-NMF were 256 and 80 samples, respectively. For the proposed DWPT-NMF, a 20-sample frame shift was used, while the frame size was varied. In addition, the level of DWPT/IDWPT was set to 3.
B. Evaluation Methods
The SE methods were evaluated by the quality and perceptual tests in terms of the hearing aids speech quality index (HASQI) [30] , and hearing aids speech perception index (HASPI) [31] , respectively. These indices are developed for both hearing impaired patients and normal hearing people. It has been confirmed that these evaluations provide considerably high correlation scores with human quality assessment and perception. The HASQI and HASPI scores are both ranged from 0 to 1. Higher scores of HASQI and HASPI correspond to better sound quality and intelligibility, respectively.
C. Performance Evaluation
We first investigated the effects of STFT/ISTFT and DWPT/IDWPT on SE processes as in Table I , which lists the results of STFT/ISTFT(N), STFT/ISTFT(S), and DWPT/IDWPT on HASQI, HASPI, and mean-squared error (MSE). In the experiments, we prepared paired utterances: a clean utterance and its noisy version, which were artificially contaminated with the restaurant noise at 0-dB SNR. Considering an SE system with STFT/ISTFT, we first assumed that the SE system can perfectly restore the clean magnitude from noisy input, and considered two conditions for the phase part: 1) using the noisy phase as the restored phase (denoted as STFT/ISTFT(N)); and 2) using the clean phase as the restored phase (denoted as STFT/ISTFT(S)); clearly, condition 2 represented a perfect restoration in the frequency domain. We also tested the transformation performance of SE on DWPT/IDWPT. For a fair comparison, SE with DWPT/IDWPT was assumed to perfectly restore clean speech input in each subband.
From Table I , the same HASPI score for all three systems suggests that the phase part has negligible effect on the intelligibility. However, STFT/ISTFT(N) has a lower HASQI score than STFT/ISTFT(S), indicating that the inaccurate phase information distort the restored signals. When compared to DWPT/IDWPT, STFT/ISTFT(S) gives a high MSE value and a low HASQI score. Since STFT/ISTFT(S) has perfect magnitude and phase information for each frame, the OLA operation generates distortions on the enhanced signals. Finally, the best performance from DWPT/IDWPT implies that DWPT/IDWPT can be used as a plug-in unit in many advanced SE algorithms to further improve the performance.
The effect of the frame size in the proposed DWPT-NMF was then investigated. The corresponding evaluation was performed on the noisy data with four noise types and six SNR levels. In terms of HASQI, HASPI, speech distortion index (SDI), and segmental SNR (SSNR), the results were shown in Fig. 4 . From this figure, increasing the frame size from 200 to 1000 brings better results in all of the evaluation metrics. However, most of the metric scores reached a peak with the frame size around 1000. One possible reason is the curse of dimensionality issue that large input feature dimensions cause imperfect basis matrix estimation. As a result, a frame with 1000 samples was applied for the following experiments.
Restored spectrograms for an utterance contaminated by babble noise at 0-dB SNR were shown in Fig. 5. From this figure , STFT-NMF exhibits more noise residues in the restored cases, revealing that DWPT-NMF was effective in improving both quality and intelligibility of speech signals. To further confirm the significance of improvements, the one-way analysis of variance (ANOVA) and Tukey posthoc comparisons (TPHCs) were used to analyze these scores of STFT-NMF and DWPT-NMF with baseline over all noise conditions. The ANOVA results confirmed that both HASQI and HASPI scores differed significantly with p-values less than 0.001, while comparing DWPT-NMF with STFT-NMF; TPHCs further verified the significant differences for HASQI scores: (baseline, STFT-NMF), and (STFT-NMF, DWPT-NMF), and for HASPI scores: (baseline, STFT-NMF), and (baseline, DWPT-NMF).
In addition to objective evaluations, we also conducted subjective listening tests for the baseline, STFT-NMF, and the proposed DWPT-NMF. The subjective listening test had a singleblind design that seven untrained but experienced normal hearing subjects did not know which SE method was used. The TDH-50P earphone [31] commonly used in audiometer for hearing test provided the original noisy and processed sounds to the human subjects and was calibrated to the 65-dB SPL before the listening test based on ANSI S3.7 standard [33] . Six SNRs with four noise types (car, exhibition, restaurant, and babble) were used to form the test set. All measurements were performed in a quiet environment, where the background noise level was below 50-dB SPL. Fig. 6(a) shows the MOS results at six SNR conditions while averaged four noise types. From this figure, we first observe that the MOS for three processed techniques are consistently decreased along with SNRs. Additionally, DWPT-NMF outperforms baseline and STFT-NMF at most SNRs except for −5 dB. The averaged scores in four noise types are listed in Fig. 6(b) . The quality of DWPT-NMF reconstructed signals has the highest score over most noise types except for restaurant noise. These results demonstrate that the proposed DWPT-NMF can recover high-quality clean utterances in most of noise environments.
VI. CONCLUSION
This study proposed a novel SE framework based on DWPT and NMF. It is shown that DWPT serves as a better choice than the conventional STFT in the preparation of the data for the subsequent NMF-wise enhancement scheme. The proposed DWPT-NMF SE framework provides the noisy speech with a significant improvement in both quality and intelligibility. Notably, the main focus of this study is to validate that the DWPT can be a suitable alternative processing of STFT for NMF-based SE. In the future, we will explore the combination of DWPT with advanced NMF methods.
